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DETAILED ACTION 
Response to Arguments 

1 . In view of the finding of new prior art, the final rejection is withdrawn, and 
prosecution is reopened, as new ground of rejection are made. 

2. Status of Claims 

Claim 1 is amended. 

Claims 2, 10, 14, 18 are cancelled . 

Claims 1, 3-9, 11-13, 15-17, 19-22 are pending . 

Claim Rejections - 35 USC §112 

3. The following is a quotation of the second paragraph of 35 U.S.C. 112: 

The specification shall conclude with one or more claims particularly pointing out and distinctly 
claiming the subject matter which the applicant regards as his invention. 

4. Claims 8 and 19 are rejected under 35 U.S.C. 112, second paragraph, as being 
indefinite for failing to particularly point out and distinctly claim the subject matter which 
applicant regards as the invention. 

Claim 8 recites the limitation "wherein said plurality of signals comprises call 
progress tones mixed with audio from Bellcore's ADSI test tapes " in lines 1-2. Claim 8 
is indefinite because the disclosure does not specify which portion of the Bellcore's test 
tapes contains the audio data that can be read for mixing with the call progress tones. 

A similar thing holds for claim 1 9. 
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5. The following is a quotation of the first paragraph of 35 U.S.C. 1 1 2: 

The specification shall contain a written description of the invention, and of the manner and process of 
making and using it, in such full, clear, concise, and exact terms as to enable any person skilled in the 
art to which it pertains, or with which it is most nearly connected, to make and use the same and shall 
set forth the best mode contemplated by the inventor of carrying out his invention. 

6. Claims 8 and 19 are rejected under 35 U.S.C. 112, first paragraph, as failing to 
comply with the written description requirement. The claim(s) contains subject matter 
which was not described in the specification in such a way as to reasonably convey to 
one skilled in the relevant art that the inventor(s), at the time the application was filed, 
had possession of the claimed invention. This is because claims 8 and 19 require 
audio data from Bellcore's ADSI test tapes which have not been submitted by the 
Applicant with the disclosure. So if the Applicant wants to claim the tapes he must make 
them available to the public by providing a copy of these test tapes, They should be 
made part of the disclosure , as long as they do not introduce new matter (See MPEP 
724.o1 , 724.03 and 724+ for discussion regarding Proprietary subject matter). 

Claim Rejections - 35 USC § 103 

7. The text of those sections of Title 35, U.S. Code not included in this action can 
be found in a prior Office action. 

8. Claims 1 is rejected under 35 U.S.C. 103(a) as being unpatentable over Kitchin 
et al [US 5,319,702] in view of Alfred et al [US 5,894,504] and furthering view of 
Ahmadi [EP 1093310 A2]. 
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Regarding claim 1 , Kitchin et al teach a method for determining the state of a 
telephony call shown in Fig. 1 C, comprising: 

providing a pattern matching subsystem (i.e. neural network) (860) [col. 6, lines 
39-43]; and employing the neural network to determine DTMF and call progress tones 
(650) [col. 2, lines 39-54; col. 10, lines 3-46; col. 12, lines 7-9; col. 20, lines 27-37; col. 
21, lines 21-27; col. 23, lines 34-39]. 

Although Kitchin et al teach detecting call progress tones, they do not teach 
expressly an advanced voice messaging system that includes automatic speech 
recognition. 

Alfred et al teach a voice messaging system that includes an automatic speech 
recognition unit receiving speech signals associated with a message being recorded by 
a caller. The automatic speech recognition unit transcribes in real time the input speech 
signals into text data that is delivered to the called party for display on a screen using 
the Analog Display Services Interface (ADSI) protocol [Figs. 1-4; col. 2, lines 31-47; col. 
3, lines 52-65; col. 6, line 51 to col. 7, line 2]. 

At the time of the invention, it would have been obvious to a person of ordinary 
skill in the art to combine the messaging system of Alfred et al as an advanced calling 
feature with Kitchin et al in order to identify a calling party [Alfred et al; col. 1, lines 46- 
52; col. 2, lines 31-40]. 
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Further, although Kitchin et al teach employing the artificial neural network 
(ANN) (860), they do not disclose expressly the details of the method of training the 
ANN. As a result, one of ordinary skill in the art would have been motivated to seek 
any known suitable training methods of the ANN to enable to the building of this 
invention, such as that of Ahmadi, as the needed method in Kitchin et al. 

Ahmad teaches a method of training an artificial neural network (ANN) with a 
realistic set of inputs, wherein the training comprises adjusting one or more artificial 
neural network parameters (i.e. weights) until an error rate is at or below a 
predetermined error rate [col. 11, lines 6-17]. Ahmadi also teaches detecting signaling 
tones accurately in talk-off, cur-through, or both by maintaining low error rates [col. 1, 
lines 37-53]. Further, the ANN can operate in anv application environment provided the 
ANN is adequately trained to learn the desired operational environment using the 
training data set representative of the various conditions imposed on the performance 
of the ANN. Since training the ANN is intrinsic to its operation in a new a pplication 
environment , such as an ADSI environment, a realistic set of inputs representative of 
the ADSI environment is required to be selected by a trainer to train the ANN to detect 
call progress tones to an industry ADSI standard 
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Kitchin et al, Alfred et al and Ahmadi are analogous art because they are from a 
similar problem solving area, viz. , DTMF and call progress tone detection in a 
telephone conversation. 

At the time of the invention, it would have been obvious to a person of ordinary 
skill in the art to combine the training method of the ANN of Ahmadi to an ADSI 
environment with the combined ADSI system of Kitchin et al and Alfred et al. 

The suggestion/motivation for doing so would have been to provide a trained 
neural network to detect tones more quickly than conventional tone detection methods 
[Ahmadi; Abstract]. 

9. Claims 1, 3-5, 12-13, 15-16 are rejected under 35 U.S.C. 103(a) as being 
unpatentable over Bennett et al [US 5,31 1 ,589] in view of Alfred et al [US 5,894,504] 
and further in view of Ahmadi [EP 1093310]. 

Regarding claim 1 , Bennett et al teach expressly detecting DTMF tones as well 
as call progress tones by determining the amplitudes of pre-selected frequencies in a 
signal over a predetermined time period, and determining a candidate tone by selecting 
two of the pre-selected frequencies with the highest amplitudes and comparing the two 
selected frequencies to known DTMF and call progress tone frequencies; wherein the 
DTMF digits are defined by the matrix of Table 1 , and the call progress tones are 
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defined by the matrix of Table 2, which are well-known in the art [col. 1 line 49 to col. 2, 
line 38; Abstract; col. 6, lines 10-20; col. 6, lines 36-59; col. 10, line 52 to col. 1 1 , line 
21]. 

Although Bennett et al teach detecting call progress tones, they do not teach 
expressly a voice messaging system including automatic speech recognition. 

Alfred et al teach a voice messaging system that includes an automatic speech 
recognition unit receiving speech signals associated with a message being recorded by 
a caller. The automatic speech recognition unit transcribes in real time the input speech 
signals into text data that is delivered to the called party for display on a screen using 
the Analog Display Services Interface (ADSI) protocol [Figs. 1-4; col. 2, lines 31-47; col. 
3, lines 52-65; col. 6, line 51 to col. 7, line 2]. 

At the time of the invention, it would have been obvious to a person of ordinary 
skill in the art to combine the messaging system of Alfred et al as an advanced calling 
feature with Bennett et al in order to identify a calling party [Alfred et al; col. 1 , lines 46- 
52; col. 2, lines 31-40]. 

Further the combined ADSI system of Bennett et al and Alfred et al does not 
teach employing an artificial network (ANN) and training the ANN to an ADSI 
environment. 
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Ahmad teaches an artificial neural network (ANN) for tone detection and training 
the ANN with a realistic set of inputs, wherein the training comprises adjusting one or 
more artificial neural network parameters (i.e. weights) until an error rate is at or below 
a predetermined error rate [col. 1 1 , lines 6-17]. Ahmadi also teaches detecting 
signaling tones accurately in talk-off, cur-through, or both by maintaining low error rates 
[col. 1 , lines 37-53]. Further, the ANN can operate in anv application environment 
provided the ANN is adequately trained to learn the desired operational environment 
using the training data set representative of the various conditions imposed on the 
performance of the ANN. Since training the ANN is intrinsic to its operation in a 
new application environment , such as an ADSI environment, a realistic set of inputs 
representative of the ADSI environment is required to be selected by a trainer to train 
the ANN to detect call progress tones to an industry ADSI standard 

Bennett et al, Alfred et al and Ahmadi are analogous art because they are from a 
similar problem solving area, viz. , DTMF and call progress tone detection in a 
telephone conversation. 

At the time of the invention, it would have been obvious to a person of ordinary 
skill in the art to combine the neural network, and the method of the ANN of Ahmadi to 
an ADSI environment with the combined ADSI system of Bennett et al and Alfred et al. 
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The suggestion/motivation for doing so would have been to provide a trained 
neural network to detect tones more quickly than conventional tone detection methods 
[Ahmadi; Abstract]. 

Claim 12 is essentially similar to claim 1 except for providing one or more call 
options to a caller based on the determined state of the telephony call. Bennett et al 
teach various states of the call progress providing one or more call options, such as call 
waiting, busy, etc. [ col. 2, lines 29-38 ; col. 11, lines 11-21 ; col. 13, line 55 to col. 14, 
line 8]. 

Regarding claim 13, Ahmadi teaches detecting signaling tones accurately in 
talk-off, cur-through, or both by maintaining low error rates [col. 1 , lines 37-53]. 

Regarding claim 3, Bennett et al further teach various states of the call progress 
providing one or more call options, such as call waiting, busy, etc. [col. 2, lines 29-38 ; 
col. 11, lines 11-21 ; col. 13, line 55 to col. 14, line 8]. 

Regarding claims 4 and 5, Ahmadi teaches both hardware and software 
implementations [col. 9, lines 12-20; col. 12, lines 26-37]. 

Regarding claims 15 and 16, the limitations are shown above. 
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10. Claim 6 is rejected under 35 U.S.C. 103(a) as being unpatentable Kitchin et al 
[US5.31 9,702] in view of Alfred et al [US 5,894,504], and further in view of Li [US 
6,549,587 B1] and further in view of Ahmadi [EP 1093310 A2]. 

Regarding claim 6, Kitchin et al teach a method for determining the state of a 
telephony call shown in Fig. 1C, comprising: 

providing a pattern matching subsystem (i.e. neural network) (860) [col. 6, lines 
39-43]; and employing the neural network to determine DTMF and call progress tones 
(650) [col. 2, lines 39-54; col. 10, lines 3-46; col. 12, lines 7-9; col. 20, lines 27-37; col. 
21, lines 21-27; col. 23, lines 34-39]. 

Although Kitchin et al teach detecting call progress tones, they do not teach 
expressly an advanced voice messaging system that includes automatic speech 
recognition. 

Alfred et al teach a voice messaging system that includes an automatic speech 
recognition unit receiving speech signals associated with a message being recorded by 
a caller. The automatic speech recognition unit transcribes in real time the input speech 
signals into text data that is delivered to the called party for display on a screen using 
the Analog Display Services Interface (ADSI) protocol [Figs. 1-4; col. 2, lines 31-47; col. 
3, lines 52-65; col. 6, line 51 to col. 7, line 2]. 
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At the time of the invention, it would have been obvious to a person of ordinary 
skill in the art to combine the messaging system of Alfred et al as an advanced calling 
feature with Kitchin et al in order to identify a calling party [Alfred et al; col. 1 , lines 46- 
52; col. 2, lines 31-40]. 

Further, the combination of Kitchen et al and Alfred et al does not teach using a 
telephone network simulator to generate call progress tones for training purposes. 
It is, however, well-known in the art that a telephone network simulator is used to 
generate call progress tones for training purposes. 

Li teaches determining call progress tones [col. 37, lines 34-51], and determining 
loop filter parameters using a telephone network simulator [col. 67, line 58 to col. 68, 
line 65]. 

At the time of the invention, it would have been obvious to a person of ordinary 
skill in the art to combine the telephone network simulator of Li with the combination of 
Kitchen et al and Alfred et al to generate training inputs to train an operator for fast and 
accurate system operations. 

Further, although Kitchin et al teach employing the artificial neural network 
(ANN) (860), they do not disclose expressly the details of the method of training the 
ANN. As a result, one of ordinary skill in the art would have been motivated to seek 
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any known suitable training methods of the ANN to enable to the building of this 
invention, such as that of Ahmadi, as the needed method in Kitchin et al. 

Ahmad teaches a method of training an artificial neural network (ANN) with a 
realistic set of inputs, wherein the training comprises adjusting one or more artificial 
neural network parameters (i.e. weights) until an error rate is at or below a 
predetermined error rate [col. 1 1 , lines 6-17]. Ahmadi also teaches detecting signaling 
tones accurately in talk-off, cur-through, or both by maintaining low error rates [col. 1 , 
lines 37-53]. Further, the ANN can operate in any application environment provided the 
ANN is adequately trained to learn the desired operational environment using the 
training data set representative of the various conditions imposed on the performance 
of the ANN. Since training the ANN is intrinsic to its operation i n a new application 
environment , such as an ADSI environment; a realistic set of inputs representative of 
the ADSI environment is required to be selected by a trainer to train the ANN to detect 
call progress tones to an industry ADSI standard 

Kitchin et al, Alfred et al, Li and Ahmadi are analogous art because they are 
from a similar problem solving area, viz. , DTMF and call progress tone detection in a 
telephone conversation. 
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At the time of the invention, it would have been obvious to a person of ordinary 
skill in the art to combine the training method of the ANN of Ahmadi to an ADSI 
environment with the combined ADSI system of Kitchin et al, Alfred et al and Li. 

The suggestion/motivation for doing so would have been to provide a trained 
neural network to detect tones more quickly than conventional tone detection methods 
[Ahmadi; Abstract]. 

1 1 . Claims 17, 20-22 are rejected under 35 U.S.C. 103(a) as being unpatentable 
over Kitchen et al [US 5,319,702] in view of Alfred et al [US 5,894,504] and further in 
view of Li [US 6,549,587 B1] and further in view of Ahmadi [EP 1093310 A2] and 
further in view of Moses et al [Us 5,532,950]. 

Regarding claim 17, Kitchin et al teach a method for determining the state 
of a telephony call shown in Fig. 1C, comprising: 

providing a pattern matching subsystem (i.e. neural network) (860) [col. 6, lines 
39-43]; and employing the neural network to determine DTMF and call progress tones 
(650) [col. 2, lines 39-54; col. 10, lines 3-46; col. 12, lines 7-9; col. 20, lines 27-37; col. 
21, lines 21-27; col. 23, lines 34-39]. 
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Although Kitchin et al teach detecting call progress tones, they do not teach 
expressly an advanced voice messaging system that includes automatic speech 
recognition. 

Alfred et al teach a voice messaging system that includes an automatic speech 
recognition unit receiving speech signals associated with a message being recorded by 
a caller. The automatic speech recognition unit transcribes in real time the input speech 
signals into text data that is delivered to the called party for display on a screen using 
the Analog Display Services Interface (ADSI) protocol [Figs. 1-4; col. 2, lines 31-47; col. 
3, lines 52-65; col. 6, line 51 to col. 7, line 2]. 

At the time of the invention, it would have been obvious to a person of ordinary 
skill in the art to combine the messaging system of Alfred et al as an advanced calling 
feature with Kitchin et al in order to identify a calling party [Alfred et al; col. 1 , lines 46- 
52; col. 2, lines 31^0]. 

Further, the combination of Kitchen et al and Alfred et al does not teach using a 
telephone network simulator to generate call progress tones for training purposes. 
It is, however, well-known in the art that a telephone network simulator is used to 
generate call progress tones for training purposes. 
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Li teaches determining call progress tones [col. 37, lines 34-51], and determining 
loop filter parameters using a telephone network simulator [col. 67, line 58 to col. 68, 
line 65]. 

At the time of the invention, it would have been obvious to a person of ordinary 
skill in the art to combine the telephone network simulator of Li with the combination of 
Kitchen et al and Alfred et al to generate training inputs to train an operator for fast and 
accurate system operations. 

Further, although Kitchin et al teach employing the artificial neural network 
(ANN) (860), they do not disclose expressly the details of the method of training the 
ANN. As a result, one of ordinary skill in the art would have been motivated to seek 
any known suitable training methods of the ANN to enable to the building of this 
invention, such as that of Ahmadi, as the needed method in Kitchin et al. 

Ahmad teaches emplying an artificial network (ANN) for tone detection and a 
method of training the artificial neural network (ANN) with a realis tic set of inputs, 
wherein the training comprises adjusting one or more artificial neural network 
parameters (i.e. weights) until an error rate is at or below a predetermined error rate 
[col. 1 1 , lines 6-17]. Ahmadi also teaches detecting signaling tones accurately in talk- 
off, cur-through, or both by maintaining low error rates [col. 1 , lines 37-53]. Further, the 
ANN can operate in anv application environment provided the ANN is adequately 
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trained to learn the desired operational environment using the training data set 
representative of the various conditions imposed on the performance of the ANN. Since 
training the ANN is intrinsic to its operation in a new application en vironment , 
such as an ADSI environment; a realistic set of inputs representative of the ADSI 
environment is required to be selected by a trainer to train the ANN to detect call 
progress tones to an industry ADSI standard 

Kitchin et al, Alfred et al, Li and Ahmadi are analogous art because they are 
from a similar problem solving area, viz. , DTMF and call progress tone detection in a 
telephone conversation. 

At the time of the invention, it would have been obvious to a person of ordinary 
skill in the art to combine the training method of the ANN of Ahmadi to an ADSI 
environment with the combined ADSI system of Kitchin et al, Alfred et al and Li to 
enable the neural network of Kitchin et al and to use the telephone network simulator of 
Li to generate training inputs. 

The suggestion/motivation for doing so would have been to provide a trained 
neural network to detect tones more quickly than conventional tone detection methods 
[Ahmadi; Abstract]. 

Further, the combination of Kitchin et al, Alfred et al and Li does 
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not teach expressly a back-propagation algorithm to train a neural network as claimed. 
However, the back-propagation algorithm is a very well-known method for training an 
artificial neural network in the art.; and forms an integral part of the neural network 
system. 

Moses et al teach applying a back-propagation algorithm to train an artificial 
neural network [col. 7, lines 57-67]. Fig. 5 presents a flowchart describing the steps 
used in training the neural network 26 [col. 8, lines 27-34]. 

At the time of the invention, it would have been obvious to a person of ordinary 
skill in the art to apply the back-propagation technique of Moses et al to train the 
ANN of Ahmadi , and improve performance of the telephone network. 

Regarding Claims 20-21 , the limitations are shown above. 

Regarding Claim 22, the hidden nodes are inherent features of an artificial neural 
network [Ahmadi; Fig. 6; col. 10, lines 45-51]. Further, Moses et al teach a learning rate 
factor and hidden nodes 32 [Fig. 3; col. 8, line 35 to col. 10, line 21]. 

12. Claims 7, 9, 1 1 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
the combination of Kitchin et al, Alfred et al, Ahmadi and Li as applied to claim 6 
above, and further in view of Moses et al [Us 5,532,950]. 
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Regarding Claim 7, the combination of Kitchin et al , Alfred et al, Ahmadi and Li 
does not teach expressly a back-propagation algorithm to train a neural network. 
However, the back-propagation algorithm is a very well-known method for training an 
artificial neural network in the art.; and forms an integral part of the neural network 
system. 

Moses et al teaches applying a back-propagation algorithm to train an artificial 
neural network [col. 7, lines 57-67]. Fig. 5 presents a flowchart describing the steps 
used in training the neural network 26 [col. 8, lines 27-34]. 

At the time of the invention, it would have been obvious to a person of ordinary 
skill in the art to apply the back-propagation technique of Moses et al to train the 
ANN of Ahmadi , and improve performance of the telephone network. 

Regarding Claim 9, Moses et al teaches training the ANN using a back- 
propagation algorithm, as outline in Fig. 5, using different sample rates and a learning 
rate factor [col. 8, line 35 to col. 10, line 21]. 

Regarding Claim 1 1 , the hidden nodes are inherent features of an artificial neural 
network [Ahmadi; Fig. 6; col. 10, lines 45-51]. Further, Moses et al teaches a learning 
rate factor and hidden nodes 32 [Fig. 3; col. 8, line 35 to col. 10, line 21]. 
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Conclusion 

1 3. The prior art made of record and not relied upon is considered pertinent to 
applicant's disclosure. 

(i) Bradley et al [US 20030125954 A1] teach employing an analog display 
services interface IADSI) display device to receive and display the speaker's 
identification [Para: 0031]; and 

(ii) Braams et al[US 5,850,438] teach a method for improve tone detection using 
ASDSI standard [col. 1, lines 14-41]. 

14. Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Ramnandan Singh whose telephone number is 
(703)308-6270. The examiner can normally be reached on M-F(8:00-4:30). 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Forester Isen can be reached on (703)-305-4386. The fax phone number 
for the organization where this application or proceeding is assigned is 703-872-9306. 
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Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). 



Ramnandan Singh 

Examiner 
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